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BACKGROUND OF THE INVENTION 

Field of the Invention 

[0001] The present invention relates to internet telephony, 
and more particularly to a phone that functions both as an ISDN 
(Integrated Service Digital Network) phone and an IP phone. 

Discussion of the Related Art 

[0002] In order to call parties in remote areas, wired phones 
connected to a PSTN (Public Switched Telephone Network) have 
traditionally been used. More recently, VoIP (Voice Over 
Internet Protocol) phones connected to a network such as the 
Internet (e.g., So-called Internet phones) are being used. 

[0003] The number of users of Internet services continue to 
increase and higher data-transmission-rates over the Internet are 
now required. As a result, applications such as internet phones, 
Internet faxes, and Internet broadcastings are in greater demand. 
In the case of long distance and international calls especially, 
Internet phones have proven to have an advantage in terms of 
providing very cost-effective services compared with conventional 
wired-phones used over PSTN. 
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[0004] However, conventional Internet phone service has at 
least one drawback. This service is not capable of placing calls 
without using personal computers having modems. For example, 
conventional Internet phones are only able to place calls using a 
deployed network located between PCs (personal computers) having 
built-in modems in which computer-to-telephone connections exist 
or between telephones having connections to computer. The 
dependency of conventional Internet phone service on the use of 
computer modems places a limitation on where this service may be 
used, i.e., this service may only be used in areas where computer 
modems are located. This results in low scalability of network 
systems . 

[0005] In order to overcome this drawback and to promote 
anytime/anywhere phone service at low cost, next-generation 
Internet phones should be introduced with high data rate 
capabilities . 

[0006] Meanwhile, it is noted that ISDN (Integrated Service 
Digital Network) provides services of voice, non-voice and/or 
image, etc., through one subscriber line that connects a variety 
of terminals and equipment. Accordingly, a need exists, which 
heretofore has not been appreciated, for combining an ISDN phone 
and a Internet phone into one phone that will enable users to use 
a variety of services at low cost while at the same time 
maximizing efficiency of use. 
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SUMMARY OF THE INVENTION 

[0007] An object of the present invention is to provide an 
apparatus and method of telecommunicating that substantially 
obviates one or more problems due to limitations and 
disadvantages of the related art. 

[0008] Another object of the present invention is to provide 
an integrated or so-called dual IP phone, and method of 
telecommunicating by using the dual IP phone, which can, access 
and/or simultaneously connect to an ISDN and the Internet. 

[0009] Another object of the present invention is to provide 
a dual IP phone, and method of telecommunicating by using the 
dual IP phone which enables communication to occur between an 
external ISDN phone and an IP phone. 

[0010] To achieve these and other objects and advantages, the 

present invention, provides a dual IP phone which includes an 

ISDN phone circuit unit for performing communications with an 

ISDN, an IP phone circuit unit for performing communications with 

an Internet, a control unit which determines or recognizes an 

ISDN mode, an IP mode, or an external connection mode by 

analyzing inputted data, and controls a voice signal path between 

the ISDN phone circuit unit and the IP phone circuit unit based 

on the determined or recognized mode, and a circuit connecting 

unit which switches the voice signal path between the ISDN phone 
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circuit unit and the IP phone circuit unit, and performs a data 
exchange between the ISDN phone circuit unit and the IP phone 
circuit unit. 

[0011] The ISDN phone circuit unit includes an interface for 
establishing a connection with the ISDN, an HDLC (High-level Data 
Link Controller) for f raming/def raming data from the interface, 
and a first microprocessor which generally controls the ISDN 
phone circuit unit and transports the deframed data to the IP 
phone circuit unit. The ISDN phone circuit unit further includes 
a first codec (coder/decoder) which converts frame data from the 
interface into a voice signal and converts an externally inputted 
voice signal into PCM (Pulse Code Modulation) data, and a 
handset/speaker phone circuit unit for inputting/outputting the 
voice signal to/from the first codec under the control of the 
first microprocessor. 

[0012] The connecting unit includes a data communication 

circuit unit for exchanging data between the IP phone circuit 

unit and the ISDN phone circuit unit, a voice signal connecting 

unit for switching a path of the voice signal between the ISDN 

phone circuit unit and the IP phone circuit unit based on a 

control signal from the control unit, and a key input unit for 

transporting key input data inputted from a user to the control 

unit. The connecting unit further includes a hook on/off switch 

circuit unit, and a display unit for a visual display under the 
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control of the control unit. The data communication circuit unit 
comprises a serial port or a bi-directional memory. 

[0013] The IP phone circuit unit includes a second 
microprocessor for controlling a calling party of the recognized 
external connection mode to generate a dial tone, a second codec 
for simultaneously/independently converting voice signals 
inputted from the ISDN phone and external devices into PCM data, 
and a DSP (Digital Signal Processor) which generates and provides 
to the calling party the dial tone under the control of the 
second microprocessor, receives and format-converts data from the 
second codec, and provides the converted signal to the second 
microprocessor . 

[0014] The second codec has two voice signal paths, the voice 
signal in the IP mode and external connection mode is inputted to 
different voice signal paths, respectively, and the IP phone 
circuit unit includes a connector for establishing a connection 
with the Internet, and a connector for establishing a connection 
with a computer. 

[0015] In another aspect of the present invention, a method 

of telecommunicating by using a dual IP phone in which an ISDN 

phone and an IP phone are constructed into a single device, 

comprises selecting at least one of ISDN mode, IP mode, and 

external connection mode, if any user of an external ISDN phone 

requests an origination call in the external connection mode, 
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connecting a data and voice signal path between the ISDN phone 
and the IP phone, confirming whether the user is an authenticated 
subscriber based on information regarding a called party and a 
password inputted from the user, and if the user is the 
authenticated subscriber, confirming an IP address of the called 
party based on the called party's information and connecting the 
user and a terminal of the confirmed IP address by transmitting 
the origination call to the terminal of the IP address. 

[0016] The method of telecommunicating according to the 
present invention further includes providing a dial tone to an 
external connection requester after automatic connection is 
established between the ISDN phone and the IP phone, and 
inputting the password and a destination phone number of the 
called party after the dial tone. 

[0017] The method of telecommunicating according to the 
present invention further includes simultaneously coding voice 
signals from the external connection requester and external 
device of the dual IP phone if the IP mode and the external 
connection mode are set, converting coded data into a standard 
data format for the respective called party, and selectively 
storing the data format to match data transmission rates between 
the external connection requester and the called party of the IP 
address . 
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[0018] It is to be understood that both the foregoing general 
description and the following detailed description of the present 
invention are exemplary and explanatory and are intended to 
provide further explanation of the invention as claimed. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0019] FIG. 1 illustrates a block diagram of a dual IP phone 
according to the present invention; 

[0020] FIG. 2 illustrates a detailed circuit diagram of a 
hook switch circuit unit as shown in FIG. 1; 

[0021] FIG. 3 illustrates a detailed circuit diagram of a key 
input unit as shown in FIG. 1; 

[0022] FIGs. 4A and 4B illustrate detailed circuit diagrams 
of a voice signal connecting unit as shown in FIG. 1; 

[0023] FIG. 5 illustrates a detailed circuit diagram of 
switches as shown in FIG. 4A; and 

[0024] FIG. 6 illustrates a flowchart of a method of 
telecommunicating by using a dual IP phone according to the 
present invention. 

DETAILED DESCRIPTION OF THE INVENTION 

[0025] FIG. 1 illustrates a block diagram of a dual IP phone 

according to one embodiment of the present invention. This dual 

IP phone includes an ISDN phone circuit unit 10 for performing 
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communications with an ISDN, an IP phone circuit unit 30 for 
performing communications with an Internet, a circuit connecting 
unit 20 for interworking between the ISDN phone circuit section 
10 and the IP phone circuit unit 30. 

[0026] The ISDN phone circuit unit 10 includes a connector 
100 for establishing a physical connection between the ISDN phone 
and an ISDN, an S~interface 110 for establishing a connection 
with an S-connection point of the ISDN, an HDLC (High-level Data 
Link Controller) 120 for transmitting/receiving signals of ISDN- 
based voice and data, a first microprocessor 130 for generally 
controlling the operation of the ISDN phone circuit unit 10, a 
first codec 140 for converting an analog voice signal into PCM 
(Pulse Code Modulation) data and converting the PCM data into the 
analog voice signal, and a handset/speaker phone circuit unit 150 
for enabling a user to make a call using a handset or a speaker 
phone. An RJ45 may be used for the connector 100. 

[0027] For reference, an interface between an ISDN user and a 

network is called an interface between the ISDN and a private 

communication equipment of the user. One core constituent element 

of the ISDN corresponds to several multipurpose user-network 

interface standards which enable, for example, voice, non-voice, 

image, etc. Services to be received by connecting one subscriber 

line to a variety of terminal devices and equipment. These 

interfaces, also called I-interfaces, have been standardized in 
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ITU-T and published as recommendations of 1-400 groups. By 
dividing these function groups into several reference points, 
necessary physical interface standards have been prepared at the 
respective reference points. This is to efficiently proceed with 
the interface standardizing work and thus to enable manufacturers 
to develop corresponding equipment. Subscriber private equipment 
is classified into TEl, TE2, TA, NTl, NT2, etc., according to the 
function groups, and then divided into reference points S, T, R, 
etc., to prescribe interfaces at the respective reference points. 
For example, TEl is connected to a network terminal NT at the 
reference point S, and the interface at this time is the S- 
interf ace . 

[0028] The ISDN phone circuit unit 10 corresponds to TEl in 
the ISDN, and the S-interface circuit unit 110 connects the ISDN 
phone circuit unit 10 to the network terminal NT. 

[0029] The circuit connecting unit 20 includes a hook switch 

circuit unit 200 which is turned on/off according to use/non-use 

of the handset, and a key input unit 210 which converts signals 

input based on user manipulation of keys or buttons into signals 

which can be recognized by a second microprocessor 340 (to be 

explained later) and transports the converted signals to the 

microprocessor 340. Also included is a voice signal connecting 

unit 240 for connecting the handset/speaker phone circuit unit 

150 to a handset 250 or speaker/microphone 260 or for connecting 
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the handset 250 or speaker/microphone 260 to a first or second 

channel of a second codec 360 of the IP phone circuit unit 30 

based on the ISDN mode, IP mode, or external connection mode. 

Additionally, a data communication circuit unit 220 

sends/receives necessary data between the first microprocessor 

130 and the second microprocessor 340 and an LCD circuit unit 230 

displays an operation state of the dual IP phone. 

[0030] The IP phone circuit unit 30 includes a connector 300 

having a plurality of ports for establishing physical connections 

between the Internet and a computer, an uplink LAN circuit unit 

310 for connecting to the Internet via the connector 300, and a 

downlink LAN circuit unit 320 for connecting to the computer via 

the connector 300. A LAN circuit connecting circuit 330 performs 

signal exchanges between the LAN circuit units 310 and 320 and 

establishes multiple connections. A second microprocessor 340 

confirms an operation mode of the phone as corresponding to one 

of ISDN mode, IP mode, and external connection mode by analyzing 

signals inputted from the key input unit 210. The second 

microprocessor also controlls the voice signal connecting unit 

240 to be connected to the first or second channel of the second 

codec 360 and/or controlls the handset/speaker phone circuit unit 

240 to be connected to the handset or the speaker/microphone 260 

based on a result of confirmation. A DSP (Digital Signal 

Processor) 350 provides dial signals, generated according to a 
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control signal of the second microprocessor 340 in external 
connection mode, to an external calling party requesting the 
external connection mode via the second channel of the second 
codec 360, i.e., the external ISDN phone user, and converts DTMF 

(Dual Tone Multiple Frequency) signals from the external calling 
party into signals which can be recognized by the second 
microprocessor 340 to provide the converted signals to the second 
microprocessor 340. The second codec 360, which has first and 
second channels, converts PCM data inputted from the DSP 350 into 
voice data in IP mode, or simultaneously converts voice signals 
inputted from the voice signal connecting unit 240 through the 
first and second channels into PCM data to provide the converted 
data to the DSP 350 in external connection mode. The second codec 
360 simultaneously converts the PCM data of the two channels into 
the voice data, or simultaneously converts the voice data of the 
two channels into the PCM data. The second connector 300 has a 
connector for establishing a connection with the Internet and a 
connector for establishing a connection between the computer and 
the dual IP phone according to the present invention. 

[0031] Operation of the phone according to the present 
invention will now be described. The ISDN phone circuit unit 10 
connects to the ISDN using the S-interface circuit 110. The HDLC 

(High-level Data Link Controller) 120 performs the 

f raming/def raming of data from the S-interface. The first 
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microprocessor 130 provides the deframed data to the second 
microprocessor 340 of the IP phone circuit unit 30, and controls 
the ISDN phone circuit unit 10. The first codec (coder/decoder) 
140 converts the frame data from the S-interface circuit 110 into 
the voice signal, and also converts the external voice signal 
from the handset 250 or the speaker/microphone 2 60 into the PCM 
data. The handset/speaker phone circuit unit 150 inputs/outputs 
the voice signal to/from the first codec 140 by being switched 
over the handset or speaker phone under the control of the first 
microprocessor 130 . 

[0032] The data communication circuit 220 exchanges data 
between the first microprocessor 130 and the second 
microprocessor 340. In ISDN or external connection mode, the 
first microprocessor 130 provides a message for informing that a 
destination call is received to the second microprocessor 340 via 
the data communication circuit 220. Meanwhile, the second 
microprocessor 340 provides the operation state of the dual IP 
phone to the first microprocessor 130 via the data communication 
circuit 220. This prevents the first microprocessor 130 from 
optionally changing the state of the ISDN phone circuit unit 10 
in this mode since the IP phone circuit unit 30 can 
simultaneously operate in IP mode and external connection mode. 
For mutual exchange of messages as described above, the data 
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communication circuit 220 is preferably implemented using a 
serial port or bi-directional memory. 

[0033] The voice signal connecting unit 240 switches a path 
of a voice signal between the ISDN phone circuit unit 10 and IP 
phone circuit unit 30 according to the control signal from the 
second microprocessor 340. Specif ically, in ISDN mode, the voice 
signal connecting unit 240 connects the handset circuit of the 
handset/speaker phone circuit unit 150 to the handset 250, and 
also connects the speaker phone circuit to the speaker/microphone 
260. Also, in IP mode, the voice signal connecting unit 240 
connects the handset 250 or the speaker/microphone 260 to the 
second codec 360 via the first channel of the second codec 360. 

[0034] In external connection mode, the voice signal 
connecting unit 240 connects the handset/speaker phone circuit 
unit to the second codec 360 via the second channel of the second 
codec 360. Also, in external connection mode and IP mode, the 
voice signal connecting unit 240 simultaneously connects the 
handset 250 and the speaker/microphone 260 to the handset/speaker 
phone circuit unit 150 and the second codec 360 via the first 
channel and the second channel, respectively, and makes the voice 
signal from outside and the voice signal of the user vocoded 
simultaneously. 

[0035] The key input section 210 is connected in common to 

the IP phone circuit unit 30 and the ISDN phone circuit unit and 
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provides a key input from the user to the second microprocessor 
340. The hook switch circuit 200 is turned on/off according to 
the use/non-use of the handset of the handset/speaker phone 
circuit unit 150. Under the control of the second microprocessor, 
the LCD circuit unit 230 displays the operation state of the dual 
IP phone according to the present invention, and also displays 
that a destination call is received from outside to inform the 
reception of the call to the user. The second microprocessor 340 
recognizes and sets one of ISDN mode, IP mode, and external 
connection mode by analyzing data inputted via the IP phone 
circuit unit 30, the data communication circuit unit 220, and the 
key input unit 210. Microprocessor 340 also applies a control 
signal to the voice signal connecting unit 240 based on the set 
mode, and provides a message regarding the corresponding mode 
state to the first microprocessor 130 via the data communication 
circuit unit 220. Microprocessor 340 also sends an origination 
call for performing the external connection mode and/or IP mode 
outside, and controls the DSP 350 to generate and provide a dial 
tone to the external connection mode requester. The DSP 350 
generates the dial signal under the control of the second 
microprocessor 340, receives and format-converts the destination 
number and password of the corresponding called party from the 
requester into the data which can be recognized by the second 
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microprocessor 340, and provides the converted signal to the 
second microprocessor 340. 

[0036] The second codec 360 converts the PCM data from the 
DSP 350 into the voice signal, and converts the voice signal from 
the voice signal connecting unit into the PCM data to provide the 
PCM data to the DSP 350. The DSP 350 converts the PCM data 
converted from the voice signal by the second codec 360 into a 
standard format which can be exchanged with an external IP 
subscriber or computer. The DSP 350 may compress and transmit the 
data along with the conversion of the data into the standard 
format . 

[0037] The second microprocessor 340 transports the data 
converted into the standard format to the external IP subscriber 
using the LAN circuit connecting unit 330 and the uplink LAN 
circuit. The second microprocessor 340 may store the standard 
format data if it is needed to do so in order to match data 
transmission speeds between the subscriber who has requested the 
external connection and the external IP subscriber. 

[0038] FIG. 2 illustrates a detailed circuit diagram of a 
preferred hook switch circuit unit 200 as shown in FIG. 1. The 
state of the hook switch is provided to the second microprocessor 
340. The second microprocessor 340 confirms whether the user is 
in a calling state, and when a destination call is inputted from 
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outside, it performs a control operation according to a result of 
confirming. 

[0039] FIG. 3 illustrates a detailed circuit diagram of a 
preferred key input unit 210 as shown in FIG. 1. The key input 
unit 210 senses a button inputted by a user, and converts the 
result of sensing into a data signal to provide the data signal 
to the second microprocessor 340. The second microprocessor 340 
monitors the provided data signal and external data inputted 
through the IP phone circuit unit 30 and/or the ISDN phone 
circuit unit 10, and performs a necessary operation based on the 
corresponding mode. 

[0040] FIGs. 4A and 4B illustrate detailed circuit diagrams 
of a preferred voice signal connecting unit as shown in FIG. 1. 
Referring to FIG. 4A, when a user picks up a handset to make a 
call in ISDN mode, the second microprocessor 340 provides a first 
control signal to the voice signal connecting circuit unit 240 in 
order to establish a connection between the handset circuit 150 
and the handset 250. In the same manner, when a user picks up a 
handset to make a call in IP mode, the handset 250 is connected 
to the second codec 360 via the first channel. 

[0041] Referring to Fig. 4B, when a user pushes a speaker 

phone button to make a call in ISDN mode, the second 

microprocessor 340 provides a second control signal to the voice 

signal connecting circuit unit 240 in order to establish a 
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connection between the speaker phone circuit 150 and the 
speaker /microphone 2 60. In the same manner, when a user pushes a 
speaker phone button to make a call in IP mode, the 
speaker/microphone 260 is connected to the second codec 360 via 
the first channel. That is, switches 211a-d of FIGs. 4A and 4B 
are respectively switched to corresponding devices according to 
the first control signal and the second control signal. 

[0042] In external connection mode, the second microprocessor 
340 provides a third control signal to the voice signal 
connecting circuit 240 in order to establish a connection with 
the handset/speaker phone circuit 150 and the second codec 360 
via the second channel. When the switches 211a-d of FIG. 4A are 
switched over to the external ISDN phone according to the third 
control signal, the voice signal inputted from the external ISDN 
phone via the ISDN phone circuit unit 10 is switched by the 
switches to be inputted to the second codec 360, and the second 
codec 360 converts the voice signal into PCM data to provide the 
PCM data to the DSP 350. 

[0043] FIG. 5 illustrates a detailed circuit diagram of the 

switches shown in FIG. 4A. If a user picks up a handset in ISDN 

or IP mode, a first switch 231a is switched by the first control 

signal to connect to the handset 250 which transmits/receives 

signals through the first channel of the second codec 360. In 

external connection mode, a second switch 231b is switched by the 
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second control signal from the second microprocessor 340 to 
connect to the second channel of the second codec 360. The first 
switch 231a is automatically connected to the handset circuit 250. 

[0044] Now, the method of telecommunicating using the dual IP 
phone according to the present invention as described above and 
the corresponding operation of the dual IP phone will be 
explained. The present invention preferably uses a menu selection 
or a button push in order to operate the dual IP phone in ISDN 
mode, IP mode, or external connection mode. For example, in order 
to originate a call via the ISDN phone circuit unit 10 or the IP 
phone circuit unit 30, an ISDN/IP selecting button (not 
illustrated) provided in the key input unit 210 should be toggled. 
Irrespective of the state of the ISDN/IP button, the phone can 
receive all calls. However, if destination calls are 
simultaneously inputted via the ISDN phone circuit unit 10 and 
the IP phone circuit unit 30, the user may select either of the 
calls or refuse all the calls which are displayed through the LCD 
display unit 230. That is, since the destination calls received 
from outside are displayed through the LCD display unit 230, the 
user can select or refuse the received calls after confirming 
them. 

[0045] In the case that an external connection request call 

is received via the ISDN phone circuit unit 10 during the calling 

using the IP phone circuit unit 30 in external connection mode, 
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the user can accept the external connection request call as 
he/she keeps calling. 

[0046] In the case of an origination call, the ISDN phone 
circuit unit 10 and the IP phone circuit unit 30 according to the 
present invention operate in the same manner as the existing ISDN 
phone and IP phone. That is, if a dial tone is heard when the 
handset is picked up, a calling party may dial the called party's 
phone number. At this time, in order to operate the ISDN phone 
circuit unit 10, the calling party should press the ISDN/IP 
button, while in order to operate the IP phone circuit unit 30, 
the calling party should press the ISDN/IP button once again. In 
other words, the ISDN/IP button is toggled. 

[0047] In the case of a destination call, the first 

microprocessor 130 of the ISDN phone circuit unit 10 and the 

second microprocessor 340 of the IP phone circuit unit 30 

recognize the destination call. Specifically, if a destination 

call is input into the ISDN phone circuit unit 10 via the ISDN, 

the HDLC 120 recognizes the destination call, and provides the 

result of recognition to the first microprocessor 130. The HDLC 

120 transmits the signal into dividing the signal by frames, 

which includes a flag for indicating a start and an end of each 

frame, an address code for indicating identification numbers of a 

calling party and a called party, a control code for indicating 

various kinds of control information, a data information part of 
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a specified length, and a frame error checking code. If the 
second microprocessor 340 detects an error, it requests 
retransmission of the corresponding frame and thus a high 
reliability is secured. 

[0048] The first microprocessor 130 recognizes the 
destination call and provides it to the second microprocessor 340 
via the data communication circuit 210. The second microprocessor 
340 grasps the present state of the dual IP phone by the provided 
data and the state of the IP phone circuit unit 30. If the dual 
IP phone is in use when the destination call is inputted, the 
second microprocessor 340 sends a message generated during use to 
the first microprocessor 130 via the data communication circuit 
210. Meanwhile, if the dual IP phone is not in use when the 
destination call is input, the first microprocessor 130 controls 
a ring signal to be output to the speaker 260. That is, the first 
microprocessor 130 request a ring to the second microprocessor 
340, and according to this ring request the second microprocessor 
340 commands the DSP 350 to activate the ring. If the user picks 
up the handset or operates the speaker when the phone rings, the 
call is made. 

[0049] If a destination call is input into the IP phone 

circuit unit 30 via the Internet, the second microprocessor 340 

recognizes the existence of the destination call by analyzing 

data packets of the inputted destination call, and makes the 
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phone ring through the speaker 26 according to the result of 
recognition. This means that the call is made in the same manner 
as the existing IP phone. However, in order for the ISDN phone 
circuit unit 10 and the IP phone circuit unit 30 to commonly use 
the handset 250 or the speaker/microphone 260, the second 
microprocessor 340 establishes a connection with the handset 250 
or the speaker/microphone 260 by controlling the voice signal 
connecting unit 240. 

[0050] FIG. 6 is a flowchart showing steps included in a 
method of telecommunicating using a dual IP phone according to a 
preferred embodiment the present invention, which especially 
shows the telecommunicating method in external connection mode. 

[0051] If a ring signal, i.e., a destination call, is input 
from outside via the ISDN (step S10) and the dual IP phone is set 
to external connection mode (step Sll), the ISDN phone circuit 
unit 10 and the IP phone circuit unit 30 are connected together 
via the data communication circuit unit 220, which is connected 
between the first microprocessor 130 and the secund 
microprocessor 340. Accordingly, it is possible to make a call 
from the outside to the ISDN phone circuit unit 10 of the present 
invention via the ISDN and to make a call to the Internet via the 
IP phone circuit unit 30 which is connected to the ISDN phone 
circuit unit 10. Thus, it is possible to make a call between the 
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existing ISDN phone and the existing IP phone via the dual IP 
phone according to the present invention. 

[0052] More specifically, if an external calling party makes 
a call to the dual IP phone of the present invention using 
his/her own ISDN phone in external connection mode, an external 
destination call is input into the ISDN phone circuit unit 10 via 
the ISDN, and then is provided to the first microprocessor 130 
through HDLC 120. If the destination call is input and the phone 
rings for a preset number of times, the first microprocessor 130 
informs the second microprocessor 340 of the IP phone circuit 
unit 30 that the destination call has arrived. The second 
microprocessor 340 makes the handset/speaker phone circuit unit 
150 of the ISDN phone circuit unit 10 connected to the second 
channel of the second codec 360 by controlling the switch of the 
voice signal connecting unit 240. Also, the second microprocessor 
commands DSP 350 to provide a dial tone to the ISDN phone of the 
external user via the second channel of the second codec 360 
(step S14), and to cope with this receives the DTMF signal from 
the ISDN phone of the external user. That is, the calling party 
who made a call from the outside to the ISDN phone circuit unit 
10 hears the dial tone and dials the necessary called party's 
number and the preset password (step S15) . 

[0053] The phone number and the password, which are DTMF 

signals, are converted into the data format that can be 
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recognized by the second microprocessor 34, and then provided to 
the second microprocessor 340. The second microprocessor 340 
confirms whether the calling party is an authenticated subscriber 
based on the provided password (step S16) . If the calling party 
is an authenticated subscriber, it confirms the IP address 
corresponding to the phone number is confirmed (step S18) . 

[0054] The second microprocessor 340 transmits the external 
origination call to the Internet using the IP address. If a 
called party corresponding to the transmitted external 
origination call receives and responds to the origination call, a 
call is established between the two parties (step S19) . 

[0055] If the second microprocessor 340 converts the voice 
signal from the user, who made the call from the outside to the 
ISDN phone circuit unit 10, into the standard data format of the 
corresponding IP address and transmits the converted signal, a 
bi-directional calling between the calling party as the user of 
the external ISDN phone and the called party as the user of the 
external IP phone is performed (step S20) . If a call destination 
packet is received from the Internet, the second microprocessor 
340 of the IP phone circuit unit 10 releases the corresponding 
call and informs the call destination to the first microprocessor 
130, so that the corresponding call established between the ISDN 
phone circuit unit 10 and the ISDN is released (step S21) . 
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[0056] If it is confirmed that any standby call exists after 
the completion of the phone call, the present mode is changed to 
IP mode, the standby call is continuously performed, and then the 
whole call is terminated (steps S22 to S26) . 

[0057] As described above, according to the present invention 
the ISDN and the Internet are simultaneously connected and a call 
with another IP phone user which is requested from an external 
ISDN is provided in external connection mode. This results in 
that a variety of phone services can be provided at low cost. 

[0058] It will be apparent to those skilled in the art than 
various modifications and variations can be made in the present 
invention. Thus, it is intended that the present invention covers 
the modifications and variations of this invention provided they 
come within the scope of the appended claims and their 
equivalents. 
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